Abstract: This study investigates the priority of the auscultation on the ambulance. On the point of physics view, the electrical noise cancellation is simpler than mechanical one. Therefore, the difficulties of the measurement the physiological sounds are more than that of physiological electrical signals. Therefore, the medical doctors might practically consider the priority of the emergent measurement on the ambulance. This study presented the application of the traditional adaptive filter to reduce the interference of the sound of sirens (audible warnings) of the ambulance. The auscultation of respiration on the ambulance is usually different from that in clinic room. The environmental noise is much larger on the ambulance, especially, the sound from audible warnings. However, this study simulated the filtering effects of the adaptive filter for the lung sound auscultation on the ambulance. The results showed that the harmonics of the audible warning were completely cancelled, and the component of fundamental frequency of that was reduced from -30 dB to -60 dB. We proposed a simple time-domain method to enhance the respiration sound to support the higher quality auscultation information for medical doctors, and aimed at concurring the barriers to elevate the priority of the measurement on ambulance for meeting with the necessaries of medical diagnosis.
Introduction


When a patient is on the ambulance, it is very possible that the medical staffs need to collect the physiological signals for monitoring and ensuring the safety of the patient [1] . Therefore, the previous study has investigated a valuable research to sort the priority of the signals to be transferred from the ambulance. The stethoscope was listed in the 15 items in the table in Protogerakisel al.'s study which was considered by the practical factors of the different necessary signals to be transmitted from the emergency site and their priority with a classification into continuous or intermittent transmission and the priority for transmission [2] .
Rene Laennec invented the first stethoscope in 1816 [1] . Auscultation is listening to the internal sounds of the body. The heart, lungs, and gastrointestinal tract are frequently measured by auscultation. Therefore, auscultation can be used to detect the physiological sounds produced by the circulatory, respiratory, and digestive systems. Doctors generally apply standard auscultation procedures for diagnoses.
Real-time distant healthcare is crucial in examining the heart and lung sounds of patients. Respiratory sounds occur both of the durations of inspiration and expiration. The reasons of the respiration sounds occur as the air moves in and out of the chest when a person breathes normally. Therefore, the auscultation of normal breathing sounds and abnormal or adventitious sounds can be detected by the stethoscopes [3, 4] . However, the interference of the sound of sirens of the ambulance is always influent to the auscultation. Therefore, a speedy algorithm to process the cancellation of the sound of sirens is necessary to the auscultation on ambulance or sent the respiration to the distant emergency center in the hospital. Therefore, we proposed an algorithm of adaptive filter, and simulated the performance of the algorithm as the preparation before implementing the auscultation system on the ambulance. Furthermore, the critical environment conditions of diagnosis and monitoring of patients in a variety of emergency and military medicine situations. Those include the environments in field hospitals, in high ambient noise environments such as engine rooms, in vehicles such as ambulances, fixed and rotary wing aircraft, or in hyperbaric chamber devices [5] . Therefore, we have to emphasize the importance of the auscultations in the special situations.
This article presents the key perspectives on auscultation in the section of introduction; the adaptive filter design in the section of method; the main noise reduction in the section of results; and overview examinations of the auscultation on the ambulance in the sections of discussion, and conclusions. Fig. 1 presented the lung sound auscultation on the ambulance, where (a) was the acoustic signal in time domain, and (b) was the spectrogram. In the spectrogram, the fundamental tone, its harmonics of the siren and its echoes are higher than 750 Hz. Therefore, designing a low-pass filter to cancel the sound from siren, and then the output signal of the filter became the desired signal of the adaptive filter.
Method
The adaptive filter algorithm is a traditional method which based on the computation of statistics and weightings to solve the noise cancellation. The optimization of the cost function is the key to the LMS (least mean squares) algorithms [6] . One of the advantages of the LMS algorithm is that it can be employed without complex matrix operations.
The computation procedures of standard LMS adaptive filter are presented as follows:
Step 1: Calculates the output signal y[n] by using the following eauation:
Step 2: Calculates the error signal e[n] by using the following equation:
Step 3: Updates the filter coefficients by using the following equation: 
where n denotes for the current algorithm iteration; u[n] denotes for the buffered input samples at step n; represents for thatthe vector of filter-tap estimates at step n; N is the number of the weighting tap;
is a coefficient; y[n] represents for the filtered output at step; e[n] is for the estimation error at step n; d[n] is for the desired response at step n; and is the adaptation step size.
Observing the spectrogram in Fig. 1 , the frequency components of the desired signal are all distributed under 750 Hz. Therefore, the respiration sound with the noise of the siren on the ambulance input a low-pass filter, and the output of the filter was defined as d [n] . The cutoff frequency was at 640 to 720 Hz with the attenuation of -1 to -60 dB. Therefore, Fig. 2 presented the functional block diagram of the filter design. x[n] denotes for the input which was recorded on the ambulance. L.P.F is the transfer function of the low-pass filter. A.F.A. is the function of the adaptive filter, and y[n] is the output of the adaptive filter.
Many researchers of the heart and lung sound analysis employed the technology of spectrogram analysis to explore the characteristics of the heart and lung sound. The spectrogram discloses the components of signal in both time and frequency domains. Therefore, it is usually to present the respiration signals in spectrogram. The element at the time τ in a spectrogram is defined as Ref. [7] :
p t is the signal in the time domain, τ,ω t is the complex basis function, and |P τ jω | is the power distribution in the frequency domain at the time τ. This form of the Fourier transform, also known as the STFT (short-time Fourier transform), has numerous applications in speech, sonar, and radar processing. The spectrogram of a sequence is the magnitude of the time-dependent Fourier transform versus time [8] .
Results
The parameters in the adaptive filter are much influent to the output. Therefore, most of the relative researches are usually discussed the convergence of the output. In this study, the parameters of α, N and computing time (T c ) have been examined. The arrangement of Table 1 is to detect the better order of α. Examining the spectrograms from Fig. 3 to Fig. 6 , we found the spectra of Fig. 3 and Fig. 4 have been reduced in almost the same CPU time.
Based on the detection of the better α in Table 1 , it is reasonable to set α 0.05 for the further searching of the better parameters. In Figs. 5 and 6, the less orders of α did not cancel the noises of siren well. The reason was that the less orders caused the slower convergent speed. Consequently, Table 2 has been designed for the searching of the better N.
According to the detection of the better N in Table 2 , we found that N = 64 when α = 0.05 were the better parameters for the siren noise cancellation. The spectrograms in Figs. 10 and 11 show the complete cancellation of sound of siren, but the clear frequency boundary discloses the overweighting in the adaptive filter algorithm. Therefore, N = 64 is selected to be the better value in the algorithm. 
